Abstract. The problem of estimating propagation delays of orthogonally modulated signals in asynchronous DS-CDMA system over time-varing Rayleigh-fading channels is treated in this paper. The Maximum Likelihood (ML) estimator and its unaffordable complexity for implementation are discussed. Some suboptimal solutions, e.g., whitened sliding correlator, MMSE estimator, subspace-based estimator, approximate ML estimator are proposed to combat the multiple access interference in the fading channels. The performance of these estimators are evaluated with the computer simulations and shown to have better acquisition performance than the standard sliding correlator. They also achieve reduced computational complexity compared to the ML estimator, while maintaining an acceptable performance degradation.
INTRODUCTION
The considered system in this paper is a DS-CDMA system with orthogonal modulation. The transmitted chip sequence from a particular user is the concatenation of one of ¡ possible Walsh codes (representing the transmitted symbol) and a long scrambling (spreading) code used for user separation.
Accurate synchronization of the chip timing is required to achieve the low bit error rate. The impact of synchronization errors on demodulation of ¡ -ary orthogonal signalling formats in DS-CDMA system was studied in [1] . It was shown that errors in the delay estimates would drastically degrade the system performance.
Synchronization issues were dealt with, e.g., in [2] , [3] , [4] , etc.. However, the algorithms proposed in those papers only apply to CDMA systems with short spreading sequences and the modulation schemes other than orthogonal signalling. Long spreading codes have been included in several leading standard proposals for future cellular networks [5] . The idea of employing long codes is to randomize the interference and make them more noise-like. This will help systems combat the interference and some other channel impairments.
Synchronization of orthogonally modulated signals with long spreading sequences was explored in [6] . An adaptive algorithm was proposed to estimate the synchronization errors in synchronous CDMA systems. Based on the estimates, remedial actions are taken to alleviate the performance degradation caused by sampling the received signals at the incorrect timing. Simulation results show considerable capacity gains when the proposed algorithms are applied on erroneously sampled signals. The algorithms proposed in [6] are only applicable in the downlink scenario in which all the users transmit in a synchronous manner. On the uplink, different users transmit signals asynchronously, the propagation delays are therefore randomly distributed among different users. This paper aims at solving the problem of acquisition 1 on the uplink. In section 2, the system model is presented. Different acquisition schemes suitable for estimating propagation delays of the ¡ -ary orthogonally modulated signals are introduced, their performance compared based on the numerical results in section 3. Conclusions are drawn in section 4.
SYSTEM MODEL
The passband received signal due to the 
is defined by the complex channel gains as
. The data matrix
can be expressed as 
where 
ACQUISITION ALGORITHMS
The delay estimation is the very first step to be conducted in the receiver. The task of the delay estimator in the receiver is to detect the propagation delays 
¦ Y
In this work, we define the failure of acquisition (estimation outlier) to be the cases when the estimated delay deviates from the true value in excess of half chip interval, i.e.
. In the following, we shall introduce how the decision function ¦ is derived for different acquisition algorithms.
ML APPROACH TO DELAY ESTIMATION
In our case, the noise is complex Gaussian. Given £ , the log-likelihood function of the received vector conditioned on a realization of the fading channels and propagation delays can be expressed as (5), one can see that maximization of this loglikelihood function is equivalent to minimization of the function § "
It is shown in [7] that the ML estimation of the fading channel vector
into (6), we yield the ML estimate of
where
is the orthogonal projection matrix onto the orthogonal complement to the subspace spanned by the columns of T is spreading factor, and we assume the delays are within one symbol interval). While other estimators introduced below estimate the delays for one user at a time, therefore, the number of points to be searched goes down to T ¤ . The sub-optimum solutions with reduced complexity are discussed below.
CONVENTIONAL SLIDING CORRELATOR
The sliding correlator (SC) is the standard approach to propagation delay estimation. It treats the multiple access interference (MAI) as additive noise. The received signal is correlated with time delayed versions of the training sequence, and the desired timing is the value of the time delay candidate that maximizes the correlation. Mathematically, this estimate is given by
is the sample mean. The advantages of the SC are the low computational complexity and good performance in single user situation. However, it is highly unreliable in presence of the MAI, even in two-user case, as demonstrated in figure 1 (In this paper, all the performance results are obtained with computer simulations. 'Percentage of outliers' is used interchangeably with 'probability of acquisition failure').
This approach as well as other acquisition schemes introduced in the following subsections require a training sequence which is periodic for each user and with good crosscorrelation property among the users. This can be fulfilled by assigning a distinct Walsh sequence to each user and spreading it with a short scrambling code to achieve low cross-correlation between the shifted versions of Walsh sequences, then transmitting the same scrambled symbols repeatedly.
The simulated system for this and all the following experiments is a 
WHITENED SLIDING CORRELATOR
The conventional sliding correlator achieves good performance in the AWGN single user channel or in strict orthogonal synchronous channel. It performs poorly when the white Gaussian noise is incorporated with the MAI. A way to work around this problem is to whiten the received vector 
The covariance matrix is unknown and usually replaced by the sample covariance matrix .
As seen from (4) . By combining (11) and (12), we obtain With the WSC and all the algorithms introduced later on, each user has to transmit the same pilot symbol during the training period so that the data matrix V in equation (10) remains unchanged. The number of pilot symbols needs to be sufficiently large in order to get an accurate estimate of . Figure 2 shows that the acquisition error probability decreases when more pilot symbols are used. Long training sequences are needed to combat fading. The reason is that the covariance of the fading channel vector, after averaging, approximates the matrix 
LINEAR MMSE DELAY ESTIMATOR
The linear MMSE delay estimation is based on the MMSE approach to data detection [3] . The receiver computes a receiver matrix 
¥
. This implies the rationale behind the equation (14) is that we would like to find a matrix " which can filter out all the interference and noise from the received observation so that in the ideal situation, the received vector after filtering only contains the £ $ ¤ § ¦ user's contribution. Once the receiver matrix is computed, the delay can be estimated by correlating this matrix with the received vector. Thus, the MMSE approach to delay estimation can be formulated as is omitted to conserve space. As depicted in figure 2 , the performance of the MMSE estimator is close to that of the WSC when the number of pilots is small. The gap becomes bigger when the number of pilots increases.
SUBSPACE-BASED DELAY ESTIMATOR
The subspace-based approach to delay estimation was initially proposed in [4] , [8] . We assume that V and in the equation (10) . This is desirable and most likely the case for a DS-CDMA system in which the orthogonality of different users' signature waveforms is maintained to a maximum extend to keep their mutual interference sufficiently low. The matrix 9 has full rank if
F , which is obviously the case, since we assume all the users are active. 
H can be written analogously to (13) in order to estimate the delay analytically
. Figure 2 shows this subspace-based algorithm outperforms the WSC and MMSE estimator. The performance of all the algorithms is improved with longer training sequence. Figure 3 shows the SNR performance of these acquisition algorithms. As expected, strong noise deteriorates the performance of all the delay estimators. A reasonable level of signal to noise ratio has to be maintained for the algorithms to work.
APPROXIMATE MAXIMUM LIKELIHOOD (AML) DELAY ESTIMATOR
The problem with the estimators presented above is the slow convergence (large overhead), they all need a long training sequence to combat noise and fading and get an accurate estimate of the covariance matrix. The AML estimator is proposed to solve this problem. The complexity of ML estimation can be significantly reduced by some approximation methods, similar to the ideas of successive interference cancellation (SIC) and parallel interference cancellation (PIC) in data demodulation. These algorithms requires much less pilot symbols, thus achieve much faster convergence compared to the previously introduced schemes.
Successive ML delay estimator
In [9] , a hierarchic way to construct an ML approximation for delay estimation was proposed. A revised version of this algorithm adopted to the system model in question is as follows:
1. Evaluate The idea of this scheme is similar to that of the SIC. We fix the delay of one user at each step, that user's signal is reconstructed and used for detecting the next user's delay.
Parallel ML delay estimator
The complexity of ML algorithm can also be reduced in an iterative multistage manner like PIC. We use the conventional delay estimator (SC) to get an initial estimates of delays for all the users and enter the iteration loop. The subsequent stages differ from the successive estimator introduced earlier. Instead of fixing one user's delay at a time, we fix the delays of all the interfering users simultaneously (in parallel), using the estimates derived from last iteration in order to estimate the delay for the user of interest, e.g., the
user. This multistage parallel ML delay estimator can be expressed as 
The matrix
are the estimated delays for the interfering user
iteration stage. In contrast to the original ML algorithm which jointly detects all the users, these two approximate ML algorithms detect the delay of one user at a time, thus greatly reduce the computational complexity. Like the SC, they have the property of fast convergence, require much shorter training sequence than the WSC, MMSE and subspace-based algorithms, thus significantly reduce the overhead induced by the training.
The results of the ¥ -stage parallel ML delay estimation are demonstrated in figure 4 . Clearly, the performance is improved at each iteration. However, it tends to get saturated at the ¥ C ¤ § ¦ stage. The comparison among different estimators is illustrated in figure 5 . The parallel ML estimator performs slightly better than the successive one. They both achieve good acquisition performance with a relatively short training sequence. As expected, the subspace-based estimator does not work with short training sequences. Its performance improves considerably as the number of the pilots increases and eventually becomes better than the AML estimators when more than 2 6 © pilots are used.
CONCLUSIONS
In this paper, several pilot-assisted multi-user acquisition algorithms, namely the WSC, MMSE, subspacebased, and AML estimators for estimating propagation delays of orthogonally modulated signals over Rayleighfading channels are introduced. They reduce the compu- tational complexity of the ML estimation from exponential to polynomial, which makes them more feasible for implementation. Their performance is also evaluated and compared in this paper. Simulation results show that they achieve good acquisition performance in presence of the MAI. This is in contrast to the conventional SC which only works in single user environment. By comparison, the subspace-based algorithm in general gives more reliable and more accurate estimate of delays at the expense of large overhead induced by the training. While the overhead is greatly reduced by the iterative AML algorithms with increased computational complexity which is needed for iteration process. If the receiver has fast and powerful signal processing capability, which is the case in the base station, the AML algorithms are preferred.
All the algorithms introduced in this paper require users' training at the same time, they are therefore applicable when we have a dedicated pilot channel for synchronization. This should be feasible because in some 3G standard, the I-channel is employed for transmitting data, while Q-channel is the control channel reserved for synchronization and channel estimation.
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